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MULTIMEDIA INTERFACE FOR A
COMMUNICATIONS NETWORK

BACKGROUND OF INVENTION

1. Field of the Invention

The present mvention relates to a common multimedia
interface (MMIF) circuit that allows any signal source,
whether 1t be an analog phone, digital phone, PC, or video
device, to be connected through the MMIF circuit to a
network such as an intranet.

2. Description of the Related Art

A communication system 1n an office or site environment
may have a variety of signal sources such as analog and
digital telephones, PC’s, and video sources that all need to
be connected to a network, for example an intranet. An
intranet 1s a private network built around internet technology
and standards. An example would be a government agency
that may have a variety of offices in a number of locations
that are all connected by an intranet.

™

FIG. 1 shows a typical prior art office environment having,
an analog telephone system 1n parallel with a digital local
area network (LAN) using, for example, Ethernet protocol to
which personal computers (PCs) are connected. The disad-
vantage of this system 1s that the analog phone system and
digital LAN network have separate transmission lines.

FIG. 2 shows a more advanced prior art communication
system 1n which one set of transmission lines 1s eliminated.
Telephones are connected through multimedia PCs to the
[LLAN thus eliminating one set of transmission lines. The
disadvantage of having the analog telephones go through the
PCs 1s that this requires adding a telephone 1nterface card to
the PC. Secondly, if the PC fails, the phone 1s unusable. In
addition, when the phone 1s 1n operation the PC operation 1s
degraded.

FIG. 3 1s a schematic drawing of the latest state of the art
system that provides long distance telephone calls over the
internet. The system connects the telephone to a “box”
which performs a long distance call over the internet to
another “box” which has a phone connected to 1t. The
disadvantage of this system 1s the reliability of connections
over the internet for a telephone call.

What would be desirable 1s a communication system 1n an
office environment 1n which each signal source connects
through its own standard interface box to the network such
that each signal source may communicate to any other signal
source without having to modify any of the signal sources.

SUMMARY OF THE INVENTION

The present invention provides a common multimedia
interface (MMIF) circuit in a box that allows any signal
source, whether 1t be an analog phone, digital phone, PC, or
video device, to be connected through the MMIF circuit to
a LAN network such as an intranet. After connection they
can be connected through the intranet to any other signal
source connected to a stmilar MMIF circuit. Each MMIF
circuit has an mnput port for each of the signal sources. None

of the signal sources needs to be modified to connect to an
MMIF circuit.

The MMIF circuit has telephone, computer, and video
ports for receiving and transmitting telephone, computer,
and video signals. The MMIF circuit operates with only one
signal source at a time. If a telephone 1s connected, a
telephone communication interface circuit receives the tele-
phone signals from the telephone port. Then a signal con-
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2

ditioner receives the telephone signal from the telephone
communication interface circuit. The signal conditioner has
a transcoder to receive the telephone signal 1f 1t 1s digital and
a voice codec to receive the telephone signal 1f it 1s analog.
The transcoder conditions and compresses the digital tele-
phone signal and sends it to a voice packetizer. The voice
codec converts the analog telephone signal to a digital
signal, compresses the signal, conditions 1t and sends 1t to
the voice packetizer. In addition the transcoder and voice
codec cooperate with a telephone digital signal processor to
receive the digital signal and add an artificially simulated
phone environment to the digital telephone signal.

The voice packetizer packetizes the compressed digital
telephone signal. A network interface receives the pack-
etized digital telephone signal and formats 1t to be compat-
ible with the network. If the network 1s an intranet, the signal
then goes to a network port connected to the intranet. The
telephone signal 1s routed to the correct internet protocol
address (IP address) for the telephone to be connected to.
The telephone signal then goes through an MMIF circuit for
the phone to be connected to in the reverse direction. The
two phones are now connected via the intranet.

If a computer, for example a PC, 1s connected to the
MMIF circuit the computer port receives signals from the
computer and provides them to the network interface. The
network interface forwards the computer signals through the
network port to the intranet. The computer signal 1s routed
to the correct internet IP address for the second computer to
be connected to. The computer signal then goes through an
MMIF circuit for the second computer 1n the reverse direc-
tion. The two computers are now connected via the intranet.

If a video source, for example a camera, 1s connected to
the MMIF circuit a video port receives signals from the
camera and provides them to the to a video codec which
compresses the signal and forwards 1t to a video packetizer
which packetizes the signal and sends it to the network
interface. From there the video signal 1s routed to the correct
internet IP address whether it be through the network port to

the intranet or through a computer port to a computer with
an MMIF circuit.

DESCRIPTION OF THE DRAWINGS

FIG. 1 1s a block diagram of a prior art office environment
having an analog telephone system in parallel with a digital

LLAN.

FIG. 2 1s a block diagram of a more advanced prior art
communication LAN using one digital transmission line 1n

which telephones are connected through multimedia PCs to
the LAN.

FIG. 3 1s a schematic drawing of a state of the art system
that provides long distance telephone calls over the mternet.

FIG. 4 1s a block diagram of an office communications
system that incorporates the multimedia interface of the
invention to connect multimedia signal sources to a LAN.

FIG. 5 1s a schematic diagram of the multimedia interface
of FIG. 5.

DETAILED DESCRIPTION OF THE
INVENTION

FIG. 1 shows a typical prior art office environment having
an analog telephone system in parallel with a digital LAN
using, for example, Ethernet protocol to which personal
computers (PCs) are connected. The analog phone system
and digital LAN have separate transmission lines. In FIG. 1
telephones 10 are connected to a private branch exchange
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(PBX) switching system 12 that may switch phone calls to
the public telephone company service (POTS) 14 or to other
services such as voice mail system 16.

Each PC 20 has an internal network interface card (NIC)
that connects through to an RJ 45 jack to a cable extending
to an LAN hub 22 which acts as a distribution point for the
signal to server 24 or to other servers and PCs. Server 24 1s
connected by a LAN to the LAN hub 22. Server 24 is

typically a high end PC that contains applications that 1t will
provide through a router 26 to a LAN 28 or WAN 30.

The big disadvantage of the parallel systems of FIG. 1 1s
that two separate side by side transmission lines are needed.

FIG. 2 shows a more advanced prior art communication
system 1n which one transmission line 1s eliminated. Tele-
phones are connected through multimedia PCs to the LAN
thus eliminating one transmission line. Looking more
closely at FIG. 2, telephones 34 are connected to telephone
interface cards i multimedia PCs 36. The telephone inter-
face cards digitize and packetize the phone signal. Each PC
provides a digital signal to an asynchronous transfer mode
(ATM) high-speed hub switch 38. This switch routes the PC
digital signal to an outside telephone POTS line through
[LAN server 40, to a private branch exchange (PBX) tele-

phone hub 42 and phones 44 (either digital or analog), or to
a WAN or other network through an ATM switch 46.

The disadvantage of having the telephones go through the
PCs 1s that this requires adding a telephone interface card to
the PC for the phone to be connected to. Secondly, if the PC
fails, the phone 1s unusable. In addition, when the phone 1s
in operation the PC operation 1s degraded and vice-versa.

FIG. 3 1s a schematic drawing of the latest state of the art
system that provides long distance telephone calls over the
internet. APLIO INC. of San Bruno Calif. manufactures the
system. This system connects the telephone to a “box”
which performs the long distance call over the internet to
another “box” which has a phone connected to it. In FIG. 3,
an APLIO box 52 1s connected 1n series between a telephone
50 and ordinary telephone service (POTS) station 54. POTS
station 54 can dial and receive internet protocol (IP)
addresses through internet service provider ISP 56 and also
communicate with POTS location §8. An APLIO box 60 is
connected to POTS location 58. In addition, POTS location
58 can dial and receive IP addresses through internet service
provider ISP 62. Telephone 64 1s connected to APLIO box
60.

The procedures to make an internet telephone call are as
follows:

1. Pick up the receiver for telephone 50.

2. Di1al 1n the telephone number of telephone 64 which has
APLIO black box 60 connected.

3. When the call goes through, the parties agree that one
party will make the internet call on the “master” box.

(e.g. APLIO box 52).

4. The party with the master APLIO box 52 presses the
call button on box 52.

5. APLIO box 52 connects to APLIO box 60 through
POTS locations 54, 58. Master APLIO box 52 provides
an indication to both parties to hang up the telephones

50 and 64.

6. After telephones 50,64 are hung up APLIO boxes 52,60
take over.

7. Master APLIO box 52 logs onto the internet with its ISP
user number and password.

8. APLIO boxes 52,60 find a common server on the
internet.
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8. Both APLIO boxes 52,60 check into the common
server and provide identifier numbers and their IP
addresses to the server.

9. Both APLIO boxes 52,60 dial their own local ISP
telephone number for a point to point protocol (PPP)
connection.

10. APLIO boxes 52,60 both make local connection to the
internet through their own ISP and find the common
SETVeEr.

11. The master APLIO box 52 presents 1its serial number
and 1dentifier number and the serial number of the slave

box.

12. The master APLIO box 52 establishes a socket con-
nection through the mternet mto the slave box 60. The
connection 1s box to box.

13. Both APLIO boxes 52,60 ring the bell tone on their
respectively connected telephones 50,64.

14. As each party picks up his phone he connects through
his APLIO box to the iternet to consummate the

internet telephone call.

15. When the call 1s complete each party hangs up.

16. APLIO boxes 52,60 log off the internet.

This system 1s used to make calls over the internet and not
to provide communications within an intranet system.

FIG. 4. Shows a typical office communications system
connected together by a LAN 100 that may be any network,
for example, an intranet. For descriptive purposes an intranet
will be described. The system has the following communi-
cation signal sources; telephone 102, personal computer

(PC) 104 and video source 106. The hub for intranet LAN
100 1s LAN switch 108. An example of a LAN switch would
be an Ethernet or ATM switch. LAN switches are well
known 1n the art and available from Intel Corporation or
Cisco Corporation.

Multimedia interface (MMIF) circuits 110¢—z form the
heart of the present invention. The MMIF circuits allow any
signal source having an IP address to be connected through
intranet LAN 100 to any other signal source having an IP
address without having to modify any of the signal sources.
For example, an analog telephone at one IP address of
intranet LAN 100 can be connected with a digital telephone
at another IP address without the need to go through a PC as
1s needed 1n the prior art. Each MMIF circuit 110a—z has an
input for each of the signal sources. For example, MMIF
1104 has mputs for telephone, personal computer and video
signals 102, 104, and 106 respectively. Only one of the
sources can be connected to MMIF circuit 110a at a time.
Each signal source connected to mtranet LAN 100 has its
own MMIF circuit 110a—-110z.

LAN switch 108 also allows access from intranet LAN
100 to the outside world through site router 114 and IP
telephone gateway 116. These do not form part of the
invention. Site router 114 allows access to other networks
including local area network LAN 118, wide area network
WAN 120, and iternet 122. IP telephone gateway 116
allows telephone service to the telephone company (i.ec.
POTS) 124, integrated service digital network (ISDN) 126
and virtual private network (VPN) 128. IP gateway servers
arec well known and are available from Lucent Technologies.

FIG. 5 1s a block diagram of the MMIF circuit 110a shown
in FIG. 4. Assume that a telephone 1s connected to MMIF
circuit 110a. Telephone communication interface circuit 136
receives an analog phone mput 140 or a digital phone 1nput
142 from the phone 102 shown in FIG. 4. The phone has an
IP address on intranet LAN 100. Telephone communication
interface circuit 136 1s made up of RJ11 telephone port 138,
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telephone interface 144 (i.e. packet handler interface) and
POTS switch 146. The purpose of telephone communication
interface circuit 136 1s to process the incoming telephone
signal and provide the telephone signal to signal conditioner
148 or to POTS port 150.

RJ11 telephone port 138 1s a common telephone six
conductor modular jack that 1s typically wired for four
conductors. The analog or digital phone signal from RJ11
port 138 1s provided to a telephone interface 144 which
recognizes whether the phone signal 1s analog or digital and
whether there are any control signals. The phone signals and
any control signals are forwarded to POTS switch 146. The
POTS switch recognizes from the control signal whether to
route the signal to signal conditioner 148 or to RJ11 port 150
which 1s connected to the ordinary outside telephone POTS
service. If the phone signal 1s meant to go straight to the
outside telephone POTS lines then the signal goes to RJ11
port 150. RJ11 port 150 1s shown 1n FIG. 4 as IP telephone
cgateway 116 and outside telephone POTS line 124. If the
phone signal 1s meant to be used on the intranet LAN 100,
the signal goes to transcoder 152 or G.7xx voice codec 154
which are part of signal conditioner 148. The signal goes to
transcoder 152 if 1t 1s digital and to voice codec 154 if 1t 1s
analog. Both signals then go to voice packetizer 156 (i.c. IP
voice packetizer). The purpose of signal conditioner 148 for
a signal coming from the POTS switch 146 1s to preprocess,
compress, digitize, and packetize to internet protocol (IP) (or
other protocol depending on the LAN). The preprocessing is
normally for signal enhancement to replace portions of the
signal corrupted during signal conditioning. For a signal in
the opposite the process 1s reversed. Transcoder 152 con-
verts the digital phone signal from a propriety digital signal
to a standard digital audio signal recognizable by the voice
packetizer. In addition, the transcoder may perform signal
enhancement and compression on the signal. Voice codec
154 performs signal enhancement and compression on the
phone signal. An example of the voice codec 1s an HMP
8201 manufactured by Harris Semiconductor. The outputs of
voice codec 154 and transcoder 152 are compressed digital
signals provided to H.323 voice packetizer 156 that pack-
ctizes the digital signal. Voice packetizer 156 1s a commer-
cilally available chip set, H323, manufactured by Hewlett
Packard. Transcoders are comercially available from Accord
Video Telecommunications LTD located in Petach-Tivka,
[srael.

Voice codec 154 and transcoder 152 also communicate
with telephone environment simulator 158 that 1s made up of
telephone digital signal processor (DSP) 159 and tone
generator 160. DSP 159 receives a ring tone, dial tone and
white noise from tone generator 160. DSP 159 adds these
signals to the digital phone signals 1n voice codec 154 and
transcoder 152. The purpose 1s to artificially simulate a
phone environment since there 1s no audio noise 1n a digital
phone system. Alternatively, dial and ring tones could be
stored 1n permanent memory in DSP 159 or other storage
location as 1s known 1n the art.

Voice packetizer 156 provides digital packets to network
communication circuit 161 which includes network inter-
face 162 (e.g. internal Ethernet interface) and network port
164. Network interface 164 puts the digital packets in the
proper format to be applied to network port 164 and to
intranet LAN 100 (shown in FIG. 4). Network port 164 is a
network interface card (NIC). The telephone signal will be
directed to the correct IP address of the telephone to be
connected to by LAN switch 108 (shown in FIG. 4). The
latter telephone needs to be connected to the intranet LAN
by an MMIF circuit also.
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If PC 104, shown 1n FIG. 4, 1s connected to MMIF circuit
104 and wants to connect to a second PC on intranet LAN
100, the second PC needs to be connected to the LAN
through an MMIF circuit. In addition both PCs need to have
IP addresses. PC 104 1s connected through its network
interface card (NIC) to computer port 166 that is a NIC for
network interface 162. In network interface 162 the PC
signal 1s formatted to be applied to network port 164 and to
LAN 100. The computer signal 1s sent to the IP address of
the second computer.

If video source 106, shown 1n FIG. 4, 1s connected to
MMIF circuit 1104 and wants to be connected to second
video device on intranet LAN 100, the second video device
needs to be connected to the LAN through an MMIF circuit.
In addition, both the video source and the second video
device must have an IP address. Video source 106 1is
connected through video port 170 to an H 263 video codec
172, 1n signal conditioner 148, where the video signal 1s
compressed. Hewlett Packard manufactures H 263 video
codec 172. The compressed video signal 1s then sent to video
packetizer 174 (i.e. IP voice packetizer) which packetizes
the compressed video signal. The signal i1s then sent to
network interface 162, which sends the signal through
network port 164 to the second video device at the desired
IP address.

In operation, a communication system 1n an office envi-
ronment may have a variety of signal sources such as analog
and digital telephones, PC’s, or video sources which all need
to be connected to an intranet network 1n the office, site or
ogeneral location. An example would be a government
agency that may have a variety of offices in a number of
locations that are all connected by an intranet LAN. In the
prior art described previously an analog phone would have
to be connected to its own analog POTS network in the
office or would have to be connected through a PC to digitize
the phone signal so 1t could go on the intranet LAN. This
required adding a communications card to the PC for the
phone to be connected to. In addition, if the PC went down
the phone was unusable. Also when the phone was in
operation the PC operation was degraded.

The 1nvention allows each of the signal sources to be
connected to an MMIF circuit interchangeably. An operator
simply plugs his telephone (analog or digital), PC or video
device 1nto any available MMIF circuit. The MMIF circuit
automatically transfers the signal to the correct IP address on
intranet LAN 100.

Looking more specifically at FIGS. 4 and 5, if a govern-
ment employee has an analog phone and wants to connect to
a second digital phone at another location on intranet LAN
100, he begins by plugeing his analog phone into the
telephone port 138 of one of MMIF circuits 110a—z. This
circuit 1s connected to a node of imtranet LAN 100 at a
specified IP address. The employee dials the number of the
second digital phone. This signal 1s passed through tele-
phone port 138 and goes to telephone interface 144 that
determines whether the telephone signal 1s digital or analog
and looks for control signals. The signal 1s fed to optional
POTS switch 146 which looks for a control signal and
switches the signal either through RJ11 port 150 to outside
POTS telephone service 124 or to signal conditioner 148.
For example, a code may be dialed before the phone number
that indicates 1f the phone call 1s to go to the outside POTS
Service.

In this case the phone signal 1s to go to an IP address of
intranet 100, and since the signal 1s analog, it 1s sent to voice
codec 148 for signal conditioning, compression and conver-
sion to a digital signal.
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At this point there 1s no ring tone or dial tone on the digital
signal output of voice codec 148. These must be added so
that someone answering the phone call will know there 1s a
phone call on the line. Tone generator 158 provides the ring
and dial tones to telephone DSP 159 that adds them to the
digital signals of voice codec 148. The digital signal of voice
codec 148 1s then forwarded to voice packetizer 156 that
packetizes the signal.

The packetized digital phone signal 1s fed to network
interface 162 and to network port 164 which sends the signal

to the LAN switch 108 which 1s the hub for intranet LAN
100. LAN switch 108 routes the phone signal to the correct
IP address for the second digital telephone.

The second digital telephone i1s connected through an
MMIF circuit to intranet LAN 100 also. The MMIF circuit
for the digital phone receives the phone signal and processes
the signal 1n the reverse direction to provide the phone signal
to the digital phone. In this case the reverse signal would go
through transcoder 152 since the receiving phone 1s digital.
The phone signal has ring tone and dial tone and the source
of the call 1s transparent as to whether it was from a digital
or analog phone. This means analog or digital phones can be
interchangeably connected at any IP address site on the

intranet LAN 100.

If the employee wants to transier files between PC 104
and a second PC, PC 104 is connected to the computer port
of MMIF circuit 110a and the second PC 1s connected to the
computer port of a second MMIF circuit. Both MMIF
circuits are then connected to nodes at different IP addresses
on the intranet LAN 100.

PC 104 1s connected through its network interface card
(NIC) to computer port 166 that is a NIC for network
interface 162. There the PC signal is formatted to be applied
to network port 164 which sends the signal to LAN switch
108 the hub for intranet LAN 100. LAN switch 108 routes
the PC 104 computer signal to the correct IP address for the
second PC.

Similar procedures are followed 1f the employee wants to

connect a video signal source 106 to another video device on
intranet LAN 106. Both devices need to be connected to
MMIF circuits and have IP addresses on LAN 106. The
MMIF circuits will route the signals through video port 170,
video codec 172, and video packetizer 174 to the network
interface. The signal then goes through the LAN to the
correct IP address 1n the same way as the PC or telephone
signal.

The advantage of the MMIF circuit to the employee 1s its
simplicity. The employee may use one box to plug m his
telephone, PC or video device to the LAN. There 1s no need
to run the telephone through a PC to get to the intranet LAN
as the prior art requires. This means that the PC does not
need to be modified to handle telephones and its perfor-
mance 1s not degraded when a phone call 1s made. In
addition, the employee may use whatever telephone 1s
available whether analog or digital to make calls. The type
of telephone 1s transparent to the LAN.

While the preferred embodiments of the invention have
been shown and described, numerous variations and alter-
native embodiments will occur to those skilled 1n the art.
Accordingly, 1t 1s intended that the invention be limited only
in terms of the appended claims.

We claim:

1. A multimedia interface circuit having ports for inter-
changeably connecting any one of a plurality of multimedia
signal sources including a telephone to a network
comprising,

a telephone communication interface circuit, including a

telephone interface, for receiving a telephone signal
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from said telephone, for determining 1f said telephone
signal 1s analog or digital, and for imterfacing said
telephone signal to said multimedia interface circuit,

a signal conditioner receiving the output of said telephone
communication interface circuit for providing a com-
pressed and packetized digital telephone signal as an
output,

a phone environment simulator communicating with said
signal conditioner to add an artificially simulated phone
environment to said digital telephone signal,

a network communication circuit receiving said signal
conditioner output for communicating said signal con-
ditioner output to said network,

a video port for receiving and transmitting video signals,

said signal conditioner receiving the output of said video
port, said signal conditioner for compressing and pack-
ctizing said video signal,

said network communication circuit receiving said video
signal output of said signal conditioner, said network

communication circuit capable of providing said signal
conditioner video output signal to said network,

wheremn any one of said plurality of multimedia signal
sources connected to said multimedia interface circuit
can be connected via said network to any of said
plurality of multimedia signal sources connected to
another said multimedia interface circuit.

2. A multimedia interface circuit having ports for inter-
changeably connecting any one of a plurality of multimedia
signal sources including a telephone to a network
comprising,

a POTS port capable of being connected to a POTS

telephone network;

a telephone communication interface circuit, including a
telephone interface, for receiving a telephone signal
from said telephone, for determining 1f said telephone
signal 1s analog or digital, and for imterfacing said
telephone signal to said multimedia interface circuit,
said telephone communication interface circuit includ-
ing a POTS switch for receiving said telephone signal
and for determining whether said telephone signal 1s to
be routed to said POTS telephone network or to a signal
conditioner,

said signal conditioner receiving the output of said tele-
phone communication interface circuit providing a
compressed and packetized digital telephone signal as
an output,

a phone environment simulator communicating with said
signal conditioner to add an artificially simulated phone
environment to said digital telephone signal, and

a network communication circuit receiving said signal
condifioner output for communicating said signal con-
ditioner output to said network,

a video port for receiving and transmitting video signals,

a video codec receiving the output of said video port, said
video codec for compressing said video signal,

a video packetizer receiving the output of said video
codec, said video packetizer for packetizing the output
of said video codec; and,

said network communication circuit receiving the output
of said video packetizer, said network communication
circuit capable of providing said video packetizer sig-
nals to said network,

wherein any one of said plurality of multimedia signal
sources connected to said multimedia interface circuit
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can be connected via said network to any of said
plurality of multimedia signal sources connected to
another said multimedia interface circuit.
3. The multimedia interface circuit of claim 1 further
comprising,
a POTS port capable of bemng connected to a POTS
telephone network, and

a POTS switch 1n said telephone communication interface
circuit for receiving said telephone signal and for
determining whether said telephone signal 1s to be
routed to said POTS telephone network or to the signal
conditioner.

4. The multimedia interface circuit of claim 1 or 2 in

which said telephone communication interface circuit
includes,

a telephone port for receiving said telephone signal, and
providing said telephone said signal to said telephone
interface.

5. The multimedia interface circuit of claim 4 1n which

sald phone environment simulator 1ncludes,

a digital signal processor receiving said digital telephone
signal for adding an artificially simulated phone envi-
ronment to said digital telephone signal.

6. The multimedia interface circuit of claim § 1n which
said phone environment simulator includes a tone generator
for producing said artificially stmulated phone environment.

7. The multimedia interface circuit of claim 5 1n which
said phone environment stimulator produces a ring tone and
a dial tone.

8. The multimedia interface circuit of claim 6 1n which
said signal conditioner includes:

a transcoder capable of receiving a digital telephone
signal from said telephone communication interface
circuit for transcoding and compressing said digital
telephone signal,

a voice codec capable of receiving an analog telephone
signal from said telephone communication interface
circuit for converting said analog telephone signal to a
digital signal and compressing said digital telephone
signal, and

a voice packetizer capable of receiving said digital tele-
phone signals from said transcoder and said voice
codes for packetizing said digital telephone signals.

9. The multimedia interface circuit of claim 8 in which

sald network communication circuit includes,

a network 1nterface receiving said packetized digital tele-
phone signal from said voice packetizer, for formatting
said packetized digital telephone signal to be compat-
ible with said network, and

a network port connected to said network, said network
port receiving said digital telephone signal from said
network interface for providing said telephone signal to
said network.

10. The multimedia mterface circuit of claim 9 1n which

said network 1s an intranet.

11. The multimedia interface circuit of claim 1 having a
computer port capable of receiving and transmitting com-
puter signals, said computer port connected to said network
interface, said network interface capable of providing said
computer signals through said network port to said network.

12. The multimedia interface circuit of claim 2 including
a computer port capable of receiving and transmitting com-
puter signals, said computer port connected to said network
interface, said network interface capable of providing said
computer signals through said network port to said network.
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13. A multimedia interface circuit for interchangeably
connecting any one of a plurality of multimedia signal
sources 1ncluding a telephone to a network comprising:

a telephone port for receiving a telephone signal;

a telephone interface receiving said telephone signal from
said telephone port for interfacing said telephone signal
to said multimedia interface circuit and determining 1f
said telephone signal 1s analog or digital;

a transcoder capable of receiving a digital telephone
signal from said telephone interface for transcoding and
compressing said digital telephone signal;

a voice codec capable of receiving an analog telephone
signal from said telephone interface for converting said
analog telephone signal to a digital signal and com-
pressing said digital telephone signal;

a voice packetizer capable of receiving said digital tele-
phone signals from said transcoder and said voice
codec for packetizing said digital telephone signals;

a digital signal processor cooperating with said transcoder
and said voice codec for adding an artificially simulated
phone environment to said digital telephone signal,

a network interface receiving said packetized digital tele-
phone signal from said voice packetizer, for formatting
said packetized digital telephone signal to be compat-
ible with said network;

a network port connected to said network, said network
port recewving said digital telephone signal from said
network mterface;

a video port for receiving and transmitting video signals;

a video codec receiving the output of said video port, said
video codec for compressing said video signal; and,

a video packetizer receiving the output of said video
codec, said video packetizer for packetizing the output
of said video codec, said network interface receiving

the output of said video packetizer, said network 1nter-

face capable of providing said video packetizer signals
though said network port to said network,

wherein any one of said plurality of multimedia signal
sources connected to said multimedia interface circuit
can be connected via said network to any of said
plurality of multimedia signal sources connected to
another said multimedia interface circuait.

14. The multimedia interface circuit of claim 13 i which
sald network 1s an intranet.

15. The multimedia interface circuit of claim 13 i which
said artificially stmulated phone environment includes a ring
and a dial tone.

16. The multimedia interface circuit of claim 13, includ-
Ing:

a POTS port capable of being connected to a POTS

telephone network; and,

a POTS switch receiving said telephone signal from said
telephone interface for determining whether said tele-
phone signal 1s to be routed to said POTS telephone
network or to the transcoder.

17. The multimedia interface circuit of claim 13

including,

a computer port capable of receiving and transmitting
computer signals, said computer port connected to said
network interface, said network imterface capable of
providing said computer signals through said network
port to said network.
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